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Summary 

Previous investigations, using simulation techniques, into the possibility 
of using instantaneous companding for broadcast-quality, sound pulse code modulation 
systems have been limited in scope. This report describes subjective tests carried out 
with a different and more flexible method of simulating both instantaneous and 
'near-instantaneous' companding. The results indicate that considerable benefits 
might be derived from a novel form of 'near-instantaneous' companding. 



1. Introduction 

In general the essential parameters required for a high- 
quality sound pulse code modulation (p.c.m.) transmission 
system have been determined 1 and the development of 
equipment by the BBC to establish a multiplex distribu- 
tion system is proceeding. This equipment will be able to 
transmit over a video-type link up to thirteen audio 
channels each of which will use 14 bits per sample 
(including 1 parity check bit) at a sampling rate of 32 kHz. 
The coding will be linear and with the use of 14-bit words 
the signal-to-quantising noise (q.noise) ratio would be 
acceptable* with up to 4 codecs operated in tandem. 

It is likely, however, that more channels will be 
required in the future and means for increasing the infor- 
mation-carrying capacity of p.c.m. communication systems 
are desirable in the interests of economy. To this end 
various techniques 2 which would enable the number of 
bits per sample in p.c.m. systems to be reduced ('bit-saving') 
have been investigated. These techniques consist mainly 
of methods of maintaining an adequate signal-to-q.noise 
ratio, since the principal effect of reducing the number of 
bits per sample is to increase the quantising noise. This 
report describes an extension to a previous investigation 
into the possibility of using instantaneous companding as a 
bit-saving technique in a broadcast-quality sound p.c.m. 
system 3 . 



2. Companding 

Companding is a well-known technique for improving 
the signal-to-noise ratio in sound-signal processing and 
transmission systems. In general there are two types of 
companding action - 'syllabic', a form often employed in 
analogue systems, and 'instantaneous', usually found in 



*A minimum overall signal-to-noise ratio of 63 dB (peak signal/ 
peak weighted noise) is required. 



p.c.m. telephony systems. The main features of these two 
types of companding will be discussed in considerable 
detail to provide the reader with an understanding of the 
essential differences between them and of the way in which 
developments have led to the work described in this report. 



2.1. Syllabic analogue compandors 

In a syllabic analogue compandor a compressor, 
which reduces signal gain with increasing signal ampli- 
tude, is used at the sending end of a system to allow the 
smaller signals to be transmitted at a higher relative level, 
while an expander, having an output/input characteristic 
which is complementary to that of the compressor, is 
introduced at the receiving end to restore the overall 
gain to a constant value for all signal levels. 

The maximum rate at which the gain changes in the 
compressor may be effected has to be restricted in order 
to avoid a significant increase in the bandwidth of the 
transmitted signal required by the additional products 
which are generated in the gain-modulation process, and 
because of the difficulty of avoiding phase distortion on 
the intervening signal path. If, to take and extreme case, 
the companding action were controlled by the instantan- 
eous value of the signal waveform, complete restoration of 
the original signal would not be possible unless the wave- 
form of the signal arriving at the expander input were 
identical with that at the compressor output. To avoid 
this difficulty, the control voltages applied to the variable- 
gain elements in both the compressor and expander are 
commonly derived from the signal envelope by rectifying 
circuits having smoothing time-constants of the order of 
tens of milliseconds. With this arrangement, usually 
described as 'syllabic' companding, the control voltage 
is not critically dependent on the phase characteristics 
of the signal path; moreover, insofar as the overall gain 
of the system does not change significantly during one 
cycle of the signal, such gain errors as there are do not 
result in waveform distortion. 
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The full noise reduction is achieved only at low 
signal levels, for which the compressor gain is at maximum 
and the expander gain is at minimum. With increasing 
signal level, the noise level also rises, and the effective- 
ness of the compandor then depends on the extent to 
which this programme-modulated noise is subjectively 
masked by the programme. When the programme material 
is predominantly low-pitched, whereas the noise is high- 
pitched, there is little masking, and the result can be very 
objectionable, the effect being somewhat similar to multi- 
path distortion in FM reception. This difficulty can be 
largely overcome, at the cost of some instrumental compli- 
cation, by using separate compandors for different parts 
of the audio-frequency range. When the noise is predom- 
inantly high-pitched, a similar effect may be obtained 
more simply by applying considerable pre-emphasis of the 
higher frequencies before compression, with a correspond- 
ing de-emphasis after expansion; the operating level can 
then be so adjusted that reductions of compressor gain 
(and increases of expander gain) take place only when the 
signal contains high-frequency components of such a level 
as to mask the increase in noise. 

In a multi-channel distribution network for broadcast 
programmes, it may be necessary to use the channels in 
pairs for stereophonic transmissions. Stringent require- 
ments have then to be imposed on the compandor system 
to avoid unwanted differences between the gains of the 
left and right-hand channels, which under both transient 
and steady state conditions, can give rise to image-displace- 
ment effects. These requirements can be met, but only 
with considerable instrumental refinement. Syllabic 
compandors could therefore be used to achieve bit-saving 
in a p.c.m. system but because of the complex analogue 
circuitry required they are unattractive from the points of 
view of both economy and reliability. 



2.2 Instaneous compandors 

As stated in Section 2.1 it is not normally practicable 
to use instantaneous companding in an analogue system 
because of the difficulty of avoiding waveform distortion 
of the compressed signal over the transmission path. In a 
p.c.m. system however, this fundamental difficulty does 
not arise provided all the additional products generated by 
an instantaneous compressor operating on the analogue 
signal are fed unimpaired to the analogue-to-digital conver- 
ter (a.d.c.) and, at the receiving terminal, from the digital- 
to-analogue converter (d.a.c.) to an instantaneous expander. 
These requirements can be met as there is no great difficulty 
in providing adequate bandwidth in the circuits concerned 
although there are instrumental difficulties with this 
technique in maintaining a sufficiently precise complemen- 
tary relationship between the non-linear compressor and 
expander characteristics. This disadvantage can, however, 
be overcome with an alternative technique in which 
compression and expansion to each signal sample is obtained 
by introducing a non-linear transformation between the 
digitally-coded signal produced by the a.d.c. and the 
digital signal actually transmitted, an inverse transforma- 
tion being introduced at the receiving end of the system; 
this technique is known as instantaneous digital compand- 
ing. Further discussion of the various methods of 



achieving instantaneous companding is given in Section 
4.1 of this report. 

The object of employing companding in a p.c.m. 
system, as distinct from an analogue system, is to make 
efficient use of the available number of quantising levels, 
rather than to minimise the effects of noise introduced 
in the transmission path. The companding laws are 
such that the quantum steps are effectively smaller in the 
regions occupied by signals of low magnitude and larger 
in the regions reached by signals of high magnitude. For 
a given number of quantising levels, the amount of quantis- 
ing noise imposed on small signals can thus be reduced at 
the price of imposing more noise on large signals. 

With instantaneous companding in a p.c.m. system 
the overall gain of the system is maintained precisely 
constant, there being no limitations of the speed and 
accuracy of operation as in syllabic companding. More- 
over, since the expander action follows the instantaneous 
values of the analogue signal, as represented by successive 
samples, the noise power averaged over each cycle of the 
analogue waveform in relatively less than that produced 
by a syllabic expander, which follows the envelope value. 
From these aspects therefore, instantaneous companding 
appears to be potentially advantageous compared with 
syllabic companding, especially for stereophonic trans- 
missions. 

The subjective effects of instantaneous companding 
(i.e. programme-modulated quantising noise) and the techn- 
iques (e.g. pre- and de-emphasis) which can be used for 
reducing these effects to acceptable proportions are in 
general similar to those described above in relation to 
syllabic compandors. 

Instantaneous companding is an established feature 
of p.c.m. systems used for telephony but a limited 
preliminary investigation 3 by the BBC indicated that 
little worthwhile improvement to a high-quality sound- 
signal p.c.m. system could be obtained by using this 
type of companding. This preliminary investigation 
was limited however to a range of companding laws 
extending only from 3 to 5 segements*. In view of the 
potential advantages compared to syllabic companding 
it was felt that examination of the possibilities of using 
instantaneous digital companding in a broadcast-quality 
sound p.c.m. system should be extended. Accordingly, 
it was decided, as a first step, to resume the investigation 
with a different simulation technique which would be 
more flexible than that used in the previous investigation. 
This report describes this simulation technique and the 
results of subjective tests carried out with it. 



3. Method of simulation 

A simulation technique was employed which makes 
use of the fact that, provided the number of bits per 
sample is not too small and the signal level not too low, 

*Companding laws are discussed in detail in Section 4 of this 
report. 
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Fig. 1 ■ Block diagram of simulator 
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the subjective impression of quantising noise in a p.c.m, 
system is similar to that of white random noise. If, 
therefore, the level of white noise added to an audio signal 
is controlled by the instantaneous magnitude of the signal 
itself, it is possible to simulate the performance of an 
actual p.c.m. system employing instantaneous companding. 

Fig. 1 is a block diagram showing the arrangement 
used to simulate the effect of companding in which the 
compression law consists of a number of straight-line 
segments. The instantaneous signal magnitudes at which 
changes corresponding to variations in the heights of 
quantum steps could be made were determined by six 
comparators whose reference voltages were adjusted to 
correspond to signal magnitudes of —6, —12, —18, —24, 
-30 and -36 dB relative to the peak. Other reference 
voltages could be set up if necessary but 6 dB intervals, 
each representing one step of significance in a binary 
system, are of particular interest in digital companding 
and were thought to offer a reasonable selection of laws. 
Each comparator was fed with a full-wave rectified version 
of the input signal, and each comparator output indicated 
when the signal magnitude, regardless of polarity, exceeded 
the reference level. By means of logic circuits the 
comparator outputs were processed to control 7 electronic 
switches such that only one of the switches was 'ON' at any 
one time, each switch 'ON' condition corresponding to a 
particular input signal amplitude. Each electronic switch 



was fed with white noise, the level of which could be 
varied (by a manually-operated switch fed from the noise 
attenuator chain) in 6 dB increments. These noise level 
increments correspond to changing heights of the corres- 
ponding quantum steps by a factor of 2, as would occur 
in a purely digital compandor, where the companding 
action is carried out entirely by digital processing of a 
binary-coded signal. The outputs of the 7 electronic 
switches were combined and fed to a mixing network 
in which the switched noise was added to the audio signal. 
Thus by adjusting the noise level fed into the noise attenu- 
ator, and by appropriately setting the noise-level selection 
switches, it was possible to set up the equipment to 
simulate various instantaneous companding laws. 

Pre- and de-emphasis was used for some of the 
subjective tests; Fig. 1 shows the positions where the 
units were inserted. The pre-emphasis characteristic was 
that recommended by the CCITT 4 for carrier systems. 
As shown in Fig. 2 however, the gain was reduced under 
these conditions, as would be desirable in an actual p.c.m. 
system so as to avoid overloading by programme material 
having higher-frequency components of above-average level. 
The effect of this gain reduction together with the use of 
pre-emphasis in a p.c.m. system without instantaneous 
companding would be to degrade the signal-to-q. noise 
ratio by about 3 dB. In a system with companding, 
however, a reduction in programme-modulated q. noise 
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Fig. 2- CCITT pre-emphasis characteristic as used in the simulator 
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is likely to result because signal excursions to the regions 
where quantising noise is high occur only for above-average 
levels of the higher-frequency components. Such excur- 
sions are likely to be infrequent and, in any case, mask the 
increased noise; the result of subjective tests supported 
this hypothesis. In practice the gain might be adjusted 
to obtain a compromise between minimising the probability 
of overloading and maximising the low-level signal-to-q. 
noise ratio. It is also possible that a different pre-emphasis 
curve could be evolved to enable a better comprise to be 
reached on these conflicting requirements. 

Also shown in Fig. 1 are provisions for delays in 
both the audio signal path and in the logic controlling the 
electronic switches; the reasons for these provisions will 
be discussed in Section 4.1 . 

It is realised that the simulation technique employed 
is such that certain effects which might occur in an actual 
p.c.m. system would not appear. For example, a low-level 
signal superimposed on a high-level signal could suffer 
severe distortion at the extremes of the coding range where 
the quantum steps are widely spaced. However, it was 
thought that the most important impairment produced 
by instantaneous companding would be that of programme- 
modulated noise and the purpose of the simulator was to 
obtain more information on this aspect alone. If tests with 
the simulator proved that instantaneous companding gave 
rise to intolerable programme-modulated noise, then the 
considerable effort which would be required to develop 
an actual p.c.m. system with instantaneous companding 
would have been saved. On the other hand, if the simulator 
tests proved encouraging then the results could possibly 
provide useful information for some aspects of the design 
of a digital compandor, which would be the next stage in 
the investigation. 

4. Companding laws 

In this Section a general discussion of companding laws 
precedes a description of the particular laws tested. 

4.1. General discussion 

As has been stated previously, instantaneous compan- 
ding involves a non-linear relationship between the analogue 
signal magnitude and the corresponding digital quantity. 
In describing a companding law it is sufficient to specify 
the compression law since it follows that the associated 
expansion law must be precisely complementary in order 
that the overall transfer characteristic be linear. In general 
the non-linear functions may be generated in the following 
ways: 

a) by an analogue compressor and a linear a.d.c. 

b) by a non-linear a.d.c. 

c) by a linear a.d.c. followed by a digital compressor 

Method a) has been found impracticable for high- 
quality sound p.c.m. systems since it is necessary in an 
instantaneous compandor to match the compression and 
expansion non-linear characteristics to a very high order 
of precision in order to reduce distortion to an acceptable 
level. Method b) also has certain instrumental difficulties 



in maintaining the correct non-linear characteristic. Method 
c) may be achieved by digital means if a smooth companding 
law is approximated by straight-line segements having 
slopes related by integer powers of 2. The digital 
manipulation may be further simplified if the changes in 
slope ('break' points) occur at input signal levels corres- 
ponding to digital numbers (in the linear a.d.c.) which are 
also exact integer powers of 2. These considerations 
entered into the proposal for a 13-segment law, known 
as the 'A-law', to be used for p.c.m. telephony systems to 
obtain a near-constant signal-to-q .noise ratio over a wide 
range of input signal levels . Fig. 3 shows the positive 
quadrant of this law; since companding laws are skew- 
symmetrical through the origin, it is sufficient to show 
only one quadrant in each case. As may be seen there 
are seven segments, each with a slope related by a factor 
of 2 to the adjacent segment, with the break points occur- 
ing at 6 dB increments of the amplitude of the input 
signal. The height of a particular quantum step is 
related to the slope of the corresponding segment. If, at 
the initial slope through the origin, the slope corresponds to 
linear coding over the whole of the input signal range with 
n bits per sample, the final slope will correspond to n-6 
bits per sample, whilst the number of bits actually 
transmitted is n-4, as given by the slope of the dashed line 
from the origin to the point (2,1). Thus, use of such a 
law could be said to 'save' 4 bits. 

Other laws having fewer segments may be constructed 
on the basis described, but it was thought unlikely that any 
significant benefit would be obtained from a law having a 
greater number of segments. The digital compand- 

ing simulator, described in Section 3, was therefore designed 
to be able to simulate laws up to the complexity of the 
13-segment 'A-law' shown in Fig. 3. 
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Fig. 3 ■ 13-segment 'A' companding law, positive quadrant 
only shown 

Q represents maximum number of digital codes available in 
positive quadrant 



An alternative means of achieving an instantaneous 
companding action by a special method of digital compand- 
ing has been proposed by Bartlett and Greszczuk 7 , in 
which, for example, a switched attenuator is inserted in 
the analogue signal to a linear a.d.c. With this method 
of companding the compression law takes the form of a 
discontinuous, multi-valued function as shown by the 4- 
range example given in Fig. 4. It is therefore necessary 
to include 'scale factor' information with each signal-sample 
word transmitted so that the correct expansion gain can be 
inserted in the analogue output from the decoder; expans- 
ion would in practice be provided by a fixed gain amplifier 
and a switched attenuator. This technique is analogous to 
the operation of a digital voltmeter provided with auto- 
matic ranging; it will therefore be referred to for 
brevity as 'automatic ranging coding' (a.r.c). 
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Fig. 4 - Example of 4-range 'a.r.c' companding law, 

positive quadrant only shown 

Q represents maximum number of digital codes available for 

positive quadrant 

The main purpose of the original a.r.c. proposal was 
to avoid the use of non-linear devices and the consequent 
difficulty in matching compression and expansion charac- 
teristics. This difficulty can, however, be overcome with 
conventional multi-segment companding laws by using 
entirely digital techniques as discussed earlier. Nevertheless 
these digital techniques can be applied with advantage to 
the a.r.c. principle by using a form of near-instantaneous 
companding. 

For instantaneous companding the digital a.r.c. techn- 
iques can be disadvantageous as demonstrated in Fig. 5 for 
the 4-range a.r.c. example. Since a 2-bit word is required 
to identify the scale factor only one quarter of the available 
number of quantising levels remains for completing the 
coding of the sample. Thus the full-line characteristic 
(a), psaking to UQ is the actual law transmitted and the 



dotted curve (b), rising to 5 lsQ is the equivalent multi- 
segment law. In this case, therefore, the method has 
'wasted' three-eights of the total number of quantising 
levels and it is not immediately attractive when we are in 
fact primarily concerned in saving bits. However, the 
action of this method of companding can be modified so 
that the change from one slope of the characteristic to 
another need not follow every variation in the analogue 
signal magnitude. When the latter is increasing, the 
necessary changes in slope must be effected without 
delay to avoid non-linear distortion caused by exceeding 
the range of the a.d.c. When the analogue signal is decreas- 
ing however, slope changes may be deferred for a period 
which is limited only by considerations of signal-to-noise 
ratio. Since the companding action then does not follow 
the instantaneous value of analogue signal, the scale-factor 
information or 'control word' need only be transmitted at 
intervals of time which are long compared with the sampling 
period. This form of near-instantaneous a.r.c. companding 
then offers the prospect of considerable bit-saving*, since, 
as shown in Fig. 5, the companding law then consists of 
the set of lines (c) with four times the slope of the 
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Fig. 5- Comparison of instantaneous and near-instantaneous 

companding laws with 4-range a.r.c. law, positive quadrant 
only shown 

Q represents, maximum number of digital codes available for 
positive quadrant 

[a) instantaneous companding a.r.c. law actually transmitted (in- 
cluding 2-bit scale-factor word) 

(fi) instantaneous companding multi-segment law equivalent to a.r.c. 
law 

(c) laws followed with near-instantaneous companding mode of 
operation of same a.r.c. law (ignoring occasional 2-bit scale 
factor wordl. 



*This development of the 'a.r.c' method of companding was 
proposed by D.E.L. Shorter and is the subject of a patent 
application. 
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instantaneous companding mode. Compared to the latter 
therefore, near-instantaneous a.r.c. companding offers a 
further bit-saving approaching two bits for the 4-range 
law. The actual law followed depends on the peak 
magnitude of the analogue signal and its frequency in 
relation to the rate at which control words are transmitted. 
For a low-frequency signal, the companding law followed 
would be similar to that of the conventional a.r.c. 
characteristic shown in Fig. 4. For high frequency signals 
however the law followed would be one of the dashed 
lines (c) radiating from the origin in Fig. 5, the actual 
law in use depending on which of the four ranges 
(0- 1 /8, O-V4, 0- 1 /2 or 0-1) the input signal occupied. 

In practice, the control word for the near-instantan- 
eous a.r.c. compandor could possibly be associated with 
the framing sequence in a multiplex p.c.m. system; it 
could occur once per frame and be associated with each 
channel on a sequential basis. If, for example, the number 
of active channels were 16 and the sampling frequency 
32 kHz the control word would be allocated to a given 
channel at every 16th sample, i.e. at intervals of 0.5 ms. 
Thus the fraction of the total information-carrying capacity 
required for the control word would be reduced from say, 
15% (i.e. 2 bits in 13) for the instantaneous mode of a.r.c. 
companding to about 1% (i.e. 2 bits in 176) for the near- 
instantaneous mode. 

It is not proposed in this report to describe in detail 
how the near-instantaneous form of a.r.c. companding 
would be engineered. It is clear, however, that since there 
could be a time delay of up to about 0.5 ms before the 
control word for a given channel could be transmitted, it 
would be necessary to incorporate suitable delays in the 
system to avoid momentary overloading. In order to be 
able to test this proposed near- instantaneous form of 
companding therefore, appropriate delays were made avail- 
able in the simulation equipment, as shown in Fig. 1 and 
described in Section 3. 



4.2 Companding laws tested 

Initially a considerable number of companding laws 
were briefly tested but many were discarded either because 
they were clearly disadvantageous or because they were 
sufficiently similar to those chosen for detailed testing 
that it was considered unlikely that any significantly 
different results would be obtained. Tests were accord- 
ingly concentrated on four laws. These consisted of the 
13-segment 'A'-law shown in Fig. 3, the 4-range a.r.c. 
law shown in Figs. 4 and 5, and the 3-segment and 7-seg- 
ment laws shown in Figs. 6 and 7. In the case of the 'A'-law 
(Fig. 3) and 4-range a.r.c. law (Fig. 4), tests were made on 
an instantaneous basis and also on the near-instantaneous 
basis described in Section 4.1, the near-instantaneous 
implementation of the 4-range a.r.c. law is depicted in 
Fig. 5. In all cases tests were made both with and with - 
out pre- and de-emphasis. 

In all four laws the slope ratios are always an integer 
power of 2 as would conveniently apply in a digital 
compandor. In the case of the 3-segment law (Fig. 6) 
a slight approximation was involved in the simulation in 



that the break point actually occurred at the -18 dB 
input signal level rather that at the level corresponding to 
intersection of the 'ri and 'n-3' slope lines as shown in 
Fig. 6. It is not considered that this minor discrepancy 
caused any serious errors in the subjective tests. 




1 X 3 1 5 3 

8 4 8 2 8 4 

normalised input signal magnitude 



-18 



12 



-6 
dB 



Fig. 6 - 3-segment companding law, positive quadrant only 

shown 

Q represents maximum number of digital codes available for 

positive quadrant 
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Fig. 7 - 7-segment companding law, positive quadrant only 

shown 

Q represents maximum number of digital codes available for 

positive quadrant 



5. The subjective tests 



6. Results and discussion 



Preliminary listening tests showed that the programme- 
modulated noise which resulted from instantaneous comp- 
anding was particularly apparent with piano music. A 
tape-recorded excerpt of piano music was therefore used 
for the subjective tests. The short excerpt was re-recorded 
repetitively on a second tape so that listeners could more 
easily assess the distortion for a given condition by 
hearing the same excerpt many times. 

Eight listeners were used, most of whom were 
technical staff experienced in the assessment of reproduced 
sound quality and only one listener was present in the 
listening room at any one time. The tests were conducted 
using a high-quality monitoring loudspeaker type LS5/5 
in a room having acoustics designed to simulate good 
domestic listening conditions; the sound level was adjusted 
to the satisfaction of each listener and left constant for 
the duration of each series of tests. A switch was provided 
which enabled the listener to switch between the impaired 
and unimpaired signals and, for each companding condition 
set up on the simulator, the listener was asked to adjust 
a control until he considered that the programme-modulated 
noise was on the threshold of perceptibility, i.e. approxi- 
mately equivalent to a mean grade 1.5 on the EBU 
standard six-point impairment scale. 

The listeners' control consisted of an attenuator 
inserted in the noise input path to the simulator. To be 
rigorous an input noise reference level should be set, for 
a particular companding law, so that an integer number 
of bits transmitted is simulated. Strictly speaking 

therefore, the noise level should be varied in 6 dB steps 
about this reference level. However, for the tests 

described, the noise level was adjustable in 1 dB steps, 
thus introducing the notion of fractions of a bit, an 
impractical concept but one providing a finer degree of 
discrimination. 



The tests indicated that in all cases the use of 
CCITT pre- and de-emphasis, with the gain set as described 
in Section 3, reduced the audibility of programme-modu- 
lated noise to an extent that, on average, one less bit 
would be required than in the case of no pre- and 
de-emphasis. As discussed in Section 3 some reduction in 
the audibility of programme-modulated noise might reason- 
ably be expected since the signal energy redistribution 
following pre-emphasis is such that signal excursions into 
the regions of increased quantum steps occur only for 
above-average level high-frequency components and are 
thus comparatively rare. Moreover the increased noise 
is effectively masked by the programme content. Only 
those results for tests in which pre- and de-emphasis was 
used are therefore given in Table 1 below. 

The results, which are the mean for eight listeners, 
and are expressed as the number of bits required to be 
transmitted for each law, are presented in rank order, 
although in view of the rather high standard error of the 
mean, it is doubtful whether the smaller differences are 
significant. 

Table 1 shows that the near-instantaneous a.r.c. 
implementation of the 'A' law (result 1) required the 
least number of bits. The next most favourable law, also 
on a near-instantaneous a.r.c. basis (result 2) required 
one additional bit. The near-instantaneous a.r.c. technique 
thus appears to be advantageous, presumably because the 
number of bits transmitted (neglecting the occasional 
scale-factor word) is more nearly that associated with the 
law of least slope, i.e. the least number of bits per sample, 
whereas with instantaneous companding, using a conven- 
tional multi-segment law, the number of bits transmitted 
is always greater than that corresponding to the segment 
of least slope. For example. Fig. 3 shows that the number 
of bits transmitted for the conventional 'A' -law would be 



TABLE 1 



Result 


Law 


Bits required to 
be transmitted 


Standard 
deviation 


Standard error 
of the mean 


1 


Near-instant, a.r.c. 'A' law, 0-5ms delay 


8-2+* 


0-6 


0-21 


2 


Near-instant, a.r.c. 4-range law, 0-5ms delay 
(Fig. 5) 


9-15+* 


1-06 


0-38 


3 


Instant. 'A' law (Fig. 3) 


9-8 


1-25 


0-44 


4 


Instant. 7-segment (Fig. 7) 


9-9 


1-22 


0-43 


5 


Instant. 3-segment (Fig. 6) 


10-4 


1-19 


0-42 


6 


Instant, a.r.c. 4-range (Fig. 4) 


8-7+2** 


1-04 


0-37 



* A small increase (about 2%) in this bit-rate would be required to accommodate the control word (see Section 4). 

** The additional 2 bits would be required for a control word transmitted with every signal sample. 
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n-4; for the near-instantaneous a.r.c. implementation of 
the same law however, the number of bits transmitted 
would be h-6. In each case n is the initial slope through 
the origin and is the number of bits per sample that 
would be required for linear coding over the whole of 
the input signal range. 

As described in Section 4.1, the near-instantaneous 
a.r.c. technique has a considerable advantage compared 
with the instantaneous a.r.c. technique in that transmission 
of the scale-factor control-word requires only a small 
fraction of the information rate of the main signal. 
However, in the near-instantaneous version, in which the 
companding action (except at the lower audio frequencies) 
is controlled by the envelope of the analogue signal, the 
mean noise output from the decoder must of necessity 
be greater than that for the instantaneous version in 
which the companding action follows every detail of the 
analogue signal waveform. This effect is apparent from 
a comparison of results 2 and 6 in Table 1 which shows that 
the 0.5 ms time constant introduced into the range-chang- 
ing system has caused a degradation equivalent to about 
0.5 bit. 

The information obtained from the simulation tests 
relates only to the programme-modulated noise effect of 
companding, and so far the discussion has been concerned 
with this aspect alone. However, in assessing the 

significance of the results, the low-level signal-to-q.noise 
ratio is also of prime concern. The results in Table 1 
are therefore embodied in Table 2 below, in which the 
figures have been rounded off to the nearest number of 
whole bits, which also shows the slopes (bits per sample) 
of the initial and final segments for each law. The number 
of bits per sample indicating a slope is the number that 
would be required in a linear system with this slope 
maintained over the whole of the range of the input 
signal amplitude. The 'transmitted' value is the actual 



number of bits per sample required. A second set of 
figures is given which apply when 4 coding and decoding 
processes (codecs) in series are involved, since planning of 
the proposed linear p.c.m. system is effected on this 
basis, as outlined in Section 1. 

Again, this table shows that the best law is the 
near-instantaneous a.r.c. 'A' law in that this requires the 
least number of bits to be transmitted. However, this 
law would require an initial slope corresponding to 14 
bits per sample for a single codec or 15 bits per sample 
for 4 codecs. Now it is known from previous work 1 that 
13 bits per sample is sufficient* for low-level signal 
requirements for a system with up to 4 codecs in 
tandem, provided that suitable artifices are employed 
to eliminate 'granular' distortion of low-level signals. 
The 'A' law does not therefore appear to be the optimum 
since the initial slope corresponds to 15 bits per sample. 
Moreover, there might well be instrumental difficulties 
in achieving 15 bits per sample. The next most favourable 
law has the desired initial slope of 13 bits per sample but 
requires 10 bits to be transmitted instead of 9 as for the 
'A' law. It appears therefore that an optimum law may 
exist between these two, such as for example, the 5-range 
a.r.c. law shown in Fig. 8. With this law, implemented 
on a near-instantaneous basis, a satisfactory performance 
might be achieved with 9 bits transmitted, since the initial 
slope would then be 13 bits per sample. 

*To be exact, 13 bits per word is sufficient when no pre- and 
de-emphasis are in use. With pre- and de-emphasis, as described 
in this report, the low-level signal-to-q.noise ratio would be 
degraded by about 3 dB as stated in Section 3. This loss could 
be offset by a 3 dB increase in gain at the input to the a.d.c. with 
a corresponding reduction in gain at the output of the d.a.c. 
It is felt that this gain increase would be acceptable since an 
overload protection limiter inserted after pre-emphasis would be 
caused to operate only rarely due to above average leve, high- 
frequency programme content. 



TABLE 2 



Result 


Law 


SINGLE CODEC 


FOUR CODECS IN SERIES 


Segment slopes in bits 
per sample 


Transmitted 
bits per sample 


Segment slopes in 
bits per sample 


Transmitted 
bits persample 


Initial 


Final 




Initial 


Final 




1 


Near-instant, a.r.c. 'A'-law, 0-5ms 
delay 


14 


8 


8+* 


15 


9 


9+* 


2 


Near-instant, a.r.c. 4-range law 
0-5ms delay (Fig. 5) 


12 


9 


9+* 


13 


10 


10+* 


3 


Instant. 'A'-law (Fig. 3) 


14 


8 


10 


15 


9 


11 


4 


Instant. 7-segment (Fig. 7) 


12 


8 


10 


13 


9 


11 


5 


Instant. 3-segment (Fig. 6) 


12 


9 


10 


13 


10 


11 


6 


Instant, a.r.c. 4-range (Fig. 4) 


12 


9 


9(+2P* 


13 


10 


10(+2)** 



* A small increase (about 2%) in this bit-rate would be required to accomodate the control word (see Section 4). 

** The additional 2 bits would be required for a control word transmitted with every signal sample. 
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Fig. 8- Possible optimum near-instantaneous companding 

law, positive quadrant only shown 
Q represents maximum number of digital codes available in 
positive quadrant 



The investigation, still using the simulator, could be 
continued to search for an optimum companding law, an 
optimum pre- and de-emphasis characteristic, and to 
explore the effects of various delay times involved in 
the near-instantaneous technique. It is felt however that 
sufficiently encouraging results have been obtained from 
the work already done to justify the design and construction 
of an experimental p. cm. system embodying a real digital 
compandor. With this, important additional aspects, 
such as the effects of digit errors (which would in general 
be expected to be different from those found in a linearly 
coded system), the use of 'dither' signals 1 and interaction 
between high-level and low-level signals, could be investi- 
gated. 
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